In this paper, we propose a speech-presence uncertainty estimation to improve the global soft decision-based speech enhancement technique by using the spectral gradient scheme. The conventional soft decision-based speech enhancement technique uses a fixed ratio (Q) of the a priori speech-presence and speech-absence probabilities to derive the speech-absence probability (SAP). However, we attempt to adaptively change Q according to the spectral gradient between the current and past frames as well as the status of the voice activity in the previous two frames. As a result, the distinct values of Q to each frequency in each frame are assigned in order to improve the performance of the SAP by tracking the robust a priori information of the speech-presence in time.
Introduction
Speech communication in adverse environments has been an important issue in recent years. Many approaches that are based on the spectral weighting rules [1] - [3] are widely used. Among these methods, the soft decision-based technique is known to be satisfactory because the speechabsence probability (SAP) is devised to not only update the noise power but also directly modify the spectral gain for noise suppression [2] - [4] . In the soft decision-based technique, one of the crucial parameters is the ratio of the a priori probabilities of speech-presence and speech-absence; Q. Specifically, Q must reflect the average ratio of speechpresence and speech-absence from the initial frame to the current frame. However, in many works, a fixed Q is assumed for all frequency components in every frame [2] - [4] .
On the other hand, a method for estimating distinct values of Q for different bins that are tracked in time was proposed by Malah et al. [5] . However, this estimator can be sensitive to outliers under various noise conditions. Soon et al. [6] proposed a way to update the a priori probability of speech-absence by comparing the conditional probabilities of speech-presence and speech-absence. Recently, a method to track the a priori probability of speech-absence was devised [7] by using Cohen's parameter of the MCRA method instead of the a posteriori SNR in the Malah's method. However, the conventional approaches fail to touch on how the spectral variation, which characterizes the a priori speech evolution, can be used to control Q. In this paper, we propose a novel approach to control Q according to the spectral gradient of the observed spectra between the current and past frames [8] as well as the status of the voice activity in the previous two frames [9] . This is done to exploit the inter-frame correlation of speech evolution and consequently to obtain an improved SAP under both stationary and non-stationary background noise conditions. The key factor Q is adaptively derived using the sigmoid type function depending on the state of the previous two frames and the three classes (ascending, static, and descending) according to the spectral gradient. This idea was originally proposed in [10] , but this paper gives in depth description as well as additional improvements in deriving Q by using the modified spectral gradient. Our proposed technique is further evaluated based on both the objective quality test and the subjective quality test, and it shows better results compared with the conventional approaches.
Review of Global Soft Decision
We first briefly review the notion of global soft decisionbased speech enhancement. It is assumed that a noise signal d(t) is added to a speech signal x(t), with their sum being denoted as the noisy speech signal y(t). After taking a shorttime Fourier transform (STFT) of the noisy signal y(t), we then have the following in the time-frequency domain:
where k(= 0, 1, · · ·, K−1) is the frequency bin and n is the frame index. Given two hypotheses, H 0 and H 1 which indicate speech-absence and speech-presence, respectively, it is assumed such that
According to [4] , we can derive the global SAP (GSAP) based on the probability density functions (PDFs) conditioned on the two hypotheses of speech-absence (H 0 ) and 
where Λ(Y(k, n)) is called the likelihood ratio of the probability density function (PDF) conditioned on H 0 and the PDF conditioned on H 1 [4] . Also, P(H 1 )/P(H 0 ) Q is defined as the ratio of the a priori speech-presence and speechabsence probability [4] , and must be carefully determined based on the a priori information regarding how many previous frames indicate speech-presence or speech-absence. Note that the value of Q = 0.0625 was assigned to be a fixed value in the previous approach [4] , even though it is a crucial parameter in determining the GSAP.
Enhanced Global Soft Decision Based on Spectral Gradient
In this section, we devise a technique to use schemes such as the spectral gradient and the status of the voice activity in the previous two frames. As for the status of the voice activity, we assume that speech is present if P(H 0 |Y(n)) in (3) is lower than the given threshold P th , while speech belongs to an absent state if P(H 0 |Y(n)) is greater than or equal to P th . Specifically, the binary decision is made in the following manner:
where I(n) = 1 means that the previous two frames belong to the speech-presence case. Secondly, the spectral gradient can be written as the difference between the current power spectrum and the average long-term power spectrum estimated during previous frames [8] :
where |Y(k, n)| 2 and E(k, n) denote the current power spectrum and the average long-term power spectrum estimated during the previous frames, respectively. The initial value is E(k, 1) = |Y(k, 1)| 2 and E(k, n) is updated to smooth out the changes as follows:
where β is a smoothing parameter. Note that Δ(n) can be considered to have long-term knowledge of the speech evolution, because the long-term information related to the spectral change is incorporated into that parameter. However, Δ(n) can not have a reliable value since speech does not exist over all frequency bins even if speech frames are assumed to be detected. For this reason, Δ(n) is changed to Fig. 1 The variation of Δ(n) in various noise types (babble, car, street, and white noises) under clean speech. Δ(n), which consists of three cases such that:
where
In time, Δ 1 (n) and Δ 2 (n) denote summations of positive values and negative values among the differences between the current power and the average long-term power, respectively. Therefore, it is determined to be ascending (; the spectral power eventually ascends) if Δ 1 (n) is bigger than the first threshold Γ, while the spectral power descends if Δ 2 (n) is smaller than the second threshold Ψ. The thresholds (Γ and Ψ) are applied to all given noise types with the same values, since the variation of Δ(n) is quite consistent in various noise environments as well as noise free condition (clean speech) as shown in Fig. 1 . Based on this, it can be easily considered that the speech-presence is more likely than the speech-absence, especially for the case in which Δ(n) becomes higher when I(n) = 1. Accordingly, for the case in which I(n) = 1, there becomes a strong possibility to adaptively control Q such that we strongly increase Q in the ascending case, while we assign a lower value to Q in the descending case. By taking the motivation, we devise an approach to determine Q by means of the computed Δ(n) as follows:
in which α is the slope parameter, s 0 implies an offset, and δ is the maximum possible value of Q, where these parameters are determined experimentally as the optimal values (α = 0.5, s 0 = −9, δ = 5.3). Notice that it is seen that the sigmoid function grows as Δ(n) increases. On the other hand, in the case of I(n) = 0, the sigmoid type function depending on Δ(n) must be different from that in the case of I(n) = 1, since the previous two frames are classified into different statuses or speech-absence. Indeed, the sigmoid type function in (9) can be slightly proportional to Δ(n) while limiting δ to the smaller value (α = 0.5, s 0 = −9, δ = 0.001). As a result, the performance in the transition regions is improved, since the GSAP is reduced as Q is slightly increased. As an example, Fig. 2 shows the GSAP obtained by using the proposed method with the time-varying Q, which is based on sigmoid type functions. From these results, it is not difficult to see that the GSAP by the proposed method seems to be more accurate than that by the conventional global soft decision method using a fixed Q.
Experimental Results
The proposed adaptive Q-based speech-presence tracking method was adopted in the global soft decision-based speech enhancement technique [4] since the goal of this work is to improve the performance of the speech enhancement algorithm by enhancing the speech-presence uncertainty estimation and thus was verified through extensive objective quality test. In addition, we performed the subjective quality test to directly compare the performance of the proposed method with that of the original speech enhancement approach based on global soft decision (called SEGSD) [4] for checking the performance gain in terms of the subjective quality. In the test, a total of 96 phrases, which were spoken by male and female speakers, were used for the evaluation. Each phrase consists of two different meaningful sentences, and the duration of each sentence was 8 sec.
In the algorithm we implemented, the speech data was sampled at 8 kHz and was quantized linearly using 16 bits based on the 10 ms frame. Five types of noise, such as babble, car, office, street and white, were electrically added to the clean speech at SNRs of 5, 10, and 15 dB. Firstly, we adopt the well-known composite measure (C ovl ) proposed by Hu and Loizou [11] to measure objectively overall subjective speech quality in advance. The composite measure for overall quality, C ovl is expressed by combining basic objective measures to form a new measure as following:
where S PES Q , S LLR , and S WS S denote the scores according to the perceptual evaluation of speech quality (PESQ), the log-likelihood ratio (LLR), and the weighted-slope spectral distance (WSS), respectively. This composite measure is known to have a significant correlation with the overall perceptual speech quality such as the mean opinion score (MOS). Table 1 shows the results of C ovl , which indicate that the proposed method achieves more improvement compared to the global soft decision method [4] . Also, our approach outperformed or was at least comparable with the Cohen's methods (minima controlled recursive averaging (MCRA) [12] and improved MCRA (IMCRA) [13] ) except the stationary noise such as car and street. Note that the performance gains were not big but were quite consistent, which shows the reliability of our approach.
To verify the results of the objective quality test, we carried out MOS test on the proposed approach compared to the SEGSD method under the same noise conditions to confirm the difference of the perceived quality between the proposed method and the baseline; SEGSD. To do this test, subjective opinions were given by a group of ten listeners, where each listener determines one of the following scores for each test sentence: 5 (Excellent), 4 (Good), 3 (Fair), 2 (Poor), and 1 (Bad). All of the listener scores were then averaged to yield the mean value for each noise at each SNR. Table 2 shows that the performance was found to be improved in most noise cases at all SNRs. In particular, we note that the performance gains in the MOS are more significant than those in the objective tests in many cases. This might be due to the fact that all of the parameters in the sigmoid type function were optimized in terms of the subjective listening quality. Based on observations related with the perceptual quality, it is seen that the proposed algorithm suppresses the background noise modestly well, while preserving the speech spectra especially for onset and offset regions.
Conclusions
While the conventional global soft decision method uses a fixed value for Q based on the statistical hypothesis in deriving the SAP, we attempt to adaptively change Q according to the spectral gradient between the current and past frames as well as the status of the voice activity in the previous two frames.
